REMARKS 

Enclosed herewith is a Substitute Specification in which 
the specification as filed has been amended in various places to 
correct typographical and grammatical errors, and also to add 
section headings. 

In support of the above, enclosed herewith is a copy of 
the specification as filed marked up with the above changes. 

The undersigned attorney asserts that no new matter has 
been incorporated into the Substitute Specification. 

The claims have been amended to more clearly define the 
invention as disclosed in the written description. In particular, 
claims 1 and 12 have been cancelled, while claims 2 and 4 have been 
made proper independent claims and include the limitations of 
cancelled claim 1. In addition, claim 3 has been made dependent on 
claim 2, while claim 9 has been made dependent on claim 3. 
Furthermore, claim 5 has been made dependent on claim 4, while 
claim 11 has been made dependent on claim 5, and claim 10 has been 
made dependent on claim 6. Finally, the claims have been amended 
for clarity. 

Applicants believe that the above changes answer the 
Examiner's 35 U.S.C. 112, paragraph 2, rejection of the claims, and 
respectfully request withdrawal thereof. 

The Examiner has rejected claims 1, 2, 5, 7, 10 and 12 
under 35 U.S.C. 102(b) as being anticipated by U.S. Patent 
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5,029,215 to Miller, Jr. The Examiner has further rejected claims 3 
and 9 under 35 U.S.C. 103(a) as being unpatentable over Miller, Jr. 

Applicants acknowledge that the Examiner has found claim 4 
allowable over the prior art of record. As such, in view of the 
above changes, Applicants believe that claims 4-8, 10 and 11 should 
now be allowed. 

The Miller, Jr. patent discloses an automatic calibrating 
apparatus and method for second-order gradient microphone comprised 
of two first -order microphones, in which a known signal is applied 
to a loudspeaker which transmits sound to the front of one first - 
order microphone, e.g., FOG 201, and to the rear of the other 
first-order microphone, e.g., FOG 202 (using a. The output signals 
from the microphones are amplified in respective controllable 
amplifiers 410 and 411, added in summing circuit 413, digitized in 
A/D converter 414 and applied to microcomputer 412. Since the 
first-order microphones are directional, the output signals 
therefrom should be out of phase with each other resulting in a 
complete or partial cancellation at the summing circuit 413. The 
microcomputer 412 adjusts the gain of amplifiers 410 and 411 to 
achieve a maximum null output (col. 5, lines 10-15). 

The subject invention relates to the calibration of a 
single microphone. To that end, as claimed in claim 2, the acoustic 
impulse response of the microphone signal is estimated, using the 
microphone output signal and the loudspeaker input signal. The 
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output power of the microphone is then estimated from the acoustic 
impulse response. However, instead of using the whole of the 
acoustic impulse response, the subject invention, as claimed in 
claim 2, further comprises "direct part extraction means for 
extracting a direct part of the acoustic impulse response, thereby 
passing through a diffuse part of the acoustic impulse response". 

The Examiner states "Although Miller does not explicitly 
disclose the use of impulse response, Miller does disclose the use 
of the obtaining a characterization (i.e. output power estimation) 
of the microphone's response pattern (Col. 4, lines 49-50) where 
one of ordinary skill in the art would recognize that an impulse 
response is a type of response pattern", and "Miller further 
discloses frequency of excitation may be several frequencies (i.e. 
direct part) of the microphones characterization response pattern." 

In the Substitute Specification on page 3, paragraph 
[0012] , it is described that the direct part of the acoustic 
impulse response is removed in order to use the diffuse part. 
Further, on page 6, line 19 to page 7, line 9 (paragraph [0029]), 
the direct part of the acoustic impulse response is that portion 
responsive to the direct acoustic propagation of the sound from the 
loudspeaker, while the diffuse part (the tail portion) is that 
portion attributable to reflections against room boundaries. As 
noted at page 8, paragraph [0033] , "the energy in the diffuse tail 
of the a.i.r. does not depend on the microphone or loudspeaker 
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orientation and location in the room." As such, as claimed in claim 
2, the direct part extraction means extracts the direct part from 
the acoustic impulse response leaving only the diffuse part for 
analysis . 

Applicants submit that while Miller, Jr. may arguably 
disclose the obtaining of the microphones 1 response pattern which 
may include the acoustic impulse response, Miller, Jr. neither 
discloses nor suggests that the direct part of the acoustic impulse 
response should be extracted and only the diffuse part should be 
used for estimating the current power level of the microphone. 

With regard to claims 3 and 9, while Miller, Jr. discloses 
band-pass filtering the summed microphone signals, Applicants 
submit that since Miller, Jr. does not disclose removing the direct 
part and only using the diffuse part of the acoustic impulse 
response, then surely, Miller, Jr. does not disclose any filtering 
of this diffuse part . 

In view of the above, Applicants believe that the subject 
invention, as claimed, is neither anticipated nor rendered obvious 
by the prior art, and as such, is patentable thereover. 
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Applicants believe that this application, containing 
claims 2-11, is now in condition for allowance and such action is 
respectfully requested. 

Respectfully submitted, 




Edward W . GoodmarT; Reg . 28,613 
Attorney 

Tel.: 914-333-9611 

CERTIFICATE OF MAILING 

It is hereby certified that this correspondence is being 
deposited with the United states Postal Service as First-class mail 
in an envelope addressed to: 

COMMISSIONER OF PATENTS AND TRADEMARKS 
P.O. BOX 1450 
ALEXANDRIA, VA 22313-1450 
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DEVICE AND METHOD FOR CALIBRATION OF A MICROPHONE 



BACKGROUND OF THE INVENTION 



Field Of The Invention 



[0001] 



The present invention relates to microphone output signal 



levels^ and more specifically^ to the calibration thereof to a 
5 desired level. When output levels of different microphones are 

compared, it is assumed that the acoustical excitations thereof are 
identical. Manufacturers supply microphones having output levels 
varying around a specified mean value. For the often often- used 
back-electret microphones, such tolerances are ±4 dB. Consequently, 
10 the output levels of such microphones may show a difference of up 
to 8 dB. Microphones with tolerances of ±2 dB are sometimes 
available. These, however, are more expensive. 

Description Of The Related Art 

15 [0002] A usual approach for gain calibration of a microphone is 
carried out in an anechoic chamber, i.e.j_ a chamber without 
reflections or reverberation. A loudspeaker is placed in front of 
the microphone (at an angle of 0°) inside the anechoic chamber. The 
loudspeaker plays a noise sequence at a known power level and the 

20 power of the microphone response is measured. Subsequently, an 
adjustable gain is set. 
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[0003] Further an audio processing arrangement is disclosed in 
patent International Patent application A pplication No. WO 
99/27522. According to this prior art reference, filtered sum and 
weighted sum beamforming are developed for maximizing power at the 
5 output. Filtered sum beamforming (FSB) makes the direct 
contributions maximally coherent upon adding thereof. 
[0004] With multi^microphone algorithms such as beamforming, it 
is very important to sort the microphones during production to 
obtain sets with level differences within the required tolerances. 
10 [0005] Moreover, with some multi -microphones systems, the 

consumer may buy additional microphones later in time, which will 
also have to be calibrated before installation. 

SUMMARY OF THE INVENTION 
15 [0006] The present invention provides a device for calibration 
of a microphone, comprising: 

[0007] — a loudspeaker for converting a loudspeaker input signal 
into sound; 

[0008] — a microphone for converting received sound into a 

20 microphone output signal, and 

[0009] — calibration means for calibrating the output power of 
the microphone relative to a desired power level, said calibration 
means comprising impulse response estimating means for estimating 
an impuloc acoustic impulse response of the loudopcakcr microphone 

25 and/or the environment at the microphone of the microphono by 
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correlating the microphone output signal and the loudspeaker input 
signal when the microphone receives sound from the loudspeaker, 
whereby the output power of the microphone is estimated. 
[0010] As indicated above, calibration of microphones is often 
5 of crucial importance for good performance of multi^microphone 
systems. The present invention is concerned with the adaptive 
calibration (in software) of microphones under reverberant room 
conditions. An advantage of the present invention is that the 
microphones need not be selected or calibrated when manufacturing 

10 an audio system, saving production time andj_ sometimes^ additional 
hardware. The present invention can be applied in all speech 
communication systems where one or more microphones and a 
loudspeaker are available. One can think of hands^free 
telecommunication systems, but also of hands^frei speech 

15 recognition systems for voice control of^_ e.g.j_ a television set. 
[0011] Non-uniformly ageing of microphones^ which can also lead 
to output level differences^ will also be neutralized by this 
invention. 

[0012] In a preferred embodiment of the invention, direct part 
20 removal means are provided for removing the direct part of the ee 
so- called acoustic impulse response (a.i.r.) in order to use^ 
especially^ the diffuse part of the a.i.r.— An advantage hereof is 
that calibration can be executed during use in a normal 
environment, e.g.j_ a room of a microphone j_ and without the need for 
25 adding additional hardware being added . Calibration during the 
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actual use also allows for either absolute calibration or relative 
calibration. 

[0013] Another preferred embodiment comprises highji and low low- 
pass filter means for filtering low and high frequencies, allowing 
5 for better calibration by using frequency ranges where signal 
quality is best suitable for processing. 

[0014] Another preferred embodiment comprises squaring and 
summation means for creating a representation of the current power 
level of the diffuse sound^field response of the microphone^ in 
10 order to create a value that can be related to a desired level. 

[0015] The invention further preferably comprises relating means 
for relating the power level of the (diffuse) microphone response 
with a desired power level. 

[0016] Although it may be possible to obtain an absolute value 
15 for the desired power level, this desired power level is preferably 
available from a reference microphone. 

BRIEF DESCRIPTION OF THE DRAWINGS 
[0017] Further advantages, features, and details of the present 
20 invention will become clear when reading the following description 
with reference to the annexed drawings, in which: 
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I 

[0018] Fig. 1 is a perspective and partly diagrammatic view of a 
preferred embodiment of present invention in an audio conferencing 
system; 

[0019] Fig, 2 is a diagram of a prior art setting for 
5 calibration of a microphone in an anechoic chamber; 

[0020] Fig. 3 aaee — shows graphs of a typical a.i.r. at 0° of a 
microphone and a corresponding energy decay curve (e.d.c.) as a 
function of time; 

[0021] Fig. 4 are — shows graphs of a typical a.i.r. at 180° on 
10 the same microphone as in Fig. 3j_ and the corresponding decay curve 
(e.d.c.) as a function of time; 

[0022] Fig. 5 is a diagram of adaptive microphone calibration as 
included in the embodiment of Fig. 1; 

[0023] Fig. 6 is a diagram of adaptive microphone calibration 
15 relative to a reference microphone which can also be used in the 
embodiment of Fig. 1; 

[0024] Fig. 7 is a diagram of relative calibration relative to 
reference microphone which can be also be used in the embodiment of 
Fig . 1 ; and 

20 [0025] Fig. 8 is a diagram of a band band -p ass filter and 

subsequent squaring and summation operation for use in the diagramo 
embodiments of Figs. 5-7. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 
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[0026] Fig. 1 shows an audio conferencing system-; — It comprioco 
comprising a main console 1 and one or two satellite microphones 2 
for a larger pick-up range of speech, which e ach contain satellite 
microphone containing a microphone-^-aft d. The audio conferencing 
5 system is connected to a floor unit 23, which , in turn, is 

connected to a power source 24 and a telephone network 25 of some 
kind, e.g.j_ a PSTN (RJ11) or an ISDN (RJ45) . The main console 
comprises, a loudspeaker for producing (voice) sounds, and three 
microphones for picking up (voice) sound. Furthermore, telephone 

10 means are comprised included for making contact to other telephones 
through a telephone network. The microphones preferably inter- 
operate as seamlessly as possible. For this purpose, the invention 
provides means in order to allow for the abandonmont of eliminating 
the need of pre- installation calibration of the microphones in the 

15 satellite_microphones or even of the microphones in the main 
console. 

[0027] Another example of use of a device according to present 
invention (not shown) j_ relates to voice v oice- based commanding of a 
television set^ e.g.^_ for switching channels or controlling the 

20 volume, by using microphone input. This can also be embodied in a 
form with one or several microphones. In order for a system to use 
the microphone output signal, calibration can m ay be necessary. 
[0028] For clarification^ some acoustical concepts are explained 
that are relevant for understanding the detailed description of the 

25 drawings. in^Fig. 2 — shows a room containing a loudspeaker 3 and a 
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microphone 4 aiming aimed towards that loudspeaker (thus at 0°) 
inoido a room aro ohown . 

[0029] An acoustic impulse response (a.i.r.) can be estimated 
from the loudspeaker excitation signal and the microphone response 
5 by correlation techniques. An a.i.r. is the response on an 

impulsive acoustic excitation. An example of such an estimated 
a.i.r. is depicted in Fig. 3. During the first few milliseconds^ 
the response is zero due to the delay from the limited speed of 
sound speed in air. Next, a large peak can be observed, which is 

10 due to the response to the direct acoustic propagation of the sound 
from the speaker towards the microphone, and is called the direct 
sound field contribution. This peak has a normalized value of 1.0. 
The tail relates to this value as depicted in this graph. The tail 
of the a.i.r. is due to reflections against room boundaries, and is 

15 called the diffuse sound field contribution. These reflections have 
a random character and increase statistically in density and 
decrease exponentially in amplitude Mr -over time. The combined 
effects of the reflections are called reverberation. 
[0030] An important function of the a.i.r. is the energy decay. 

20 In discrete time, with n the sample index, the energy decay at 

index n amounts to the energy left in the tail of the a.i.r.— In 
Fig. 3j_ the so-called energy decay curve (e.d.c.) corresponding to 
a.i.r. is also logarithmically plotted. On the Y-axis^, the quantity 
is measured in dB. The e.d.c. shows an abrupt change due to the 

25 direct component. The difference in energy decay just before and 
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just after this jump is called the clarity index. A larger clarity 
index implies a larger direct/diffuse ratio^ and thusj_ less 
reverberation. The envelope of the diffuse tail of the a.i.r. has 
an exponential decay which leads to the constant slope of the 
5 logarithm of the tail of the e.d.c. The reverberation time T60 is 
the time interval in which the reverberation level drops down by 60 
dB. It is found for this case that T60 = 0.36 s. 
[0031] Microphones can have unidirectional beam patterns. 
Unidirectional microphones only pick up acoustic signals from a 

10 certain range of angles around 0-*H — ° , i . e . , they more or less block 
acoustic signals arriving at 180°. This means that the direct field 
contribution of an a.i.r. measured at 180° will be almost zero. 
[0032] In Fig. 4j_ the a.i.r. and the e.d.c. of the same 
(unidirectional) microphone as ei — in Fig. 3, but now at 180°, are 

15 plotted. _There also is a value normalized to one, yet only the tail 
is shown as this represents the diffuse response. By comparing 
#±gFig. 3 and Fig. it appears that at 180V the direct 
contribution has vanished while the diffuse contribution has the 
same exponential envelope in both Figs.— 

20 [0033] In the following, it is assumed that the energy in the 
diffuse tail of the a.i.r. does not depend on the microphone or 
loudspeaker orientation and location in the room. In practice^ some 
variation are found depending on orientation and location, but 
these variations are small when the acoustic absorption pattern in 

25 the room is more or less homogenous and the reverberation is— over 
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time is not to small (T60 > 100 ms) . It is worth mentioning that a 
typical room has a reverberation larger than 3 00ms. A general rule 
is that the bigger a room— ie^ the longer the reverberation time— ire. 
[0034] The present invention uses x as inputs not only the 
5 microphone response^ but also the excitation signal of the 
loudspeaker (Fig. 2) . First, the a.i.r. is estimated from the 
loudspeaker to the microphone using a well-known correlation method 
in the estimating means. When acoustic cancellation is performed, 
this adaptive filter is already available. The diffuse part of the 

10 a.i.r. is selected in the direct part removal means. At low 
frequencies^ the loudspeaker output and/or the microphone 
sensitivity is low, which leads to unreliable a.i.r. coefficients. 
Therefore^ a high-pass filter is applied to the diffuse part of the 
a.i.r. atr-At_the highest frequencies, near the Nyquist frequency, 

15 the signal levels will also be low due to anti-aliasing filters. 
Thus, to deal with unreliable a.i.r. coefficients at high 
frequencies^ a low low-p ass filter is applied. 
[0035] In Fig. 5, these high^ and low low-p ass filters are 
combined to form a band b and -p ass filter. The filtered coefficients 

20 are squared and summed in the squaring and summation means, which 
leads to actual power level 14 representing the current power of 
the diffuse microphone response. This power level is related to a 
desired power level 20 and the gain factor is determined as the 
square root of the quotient of these power levels. 
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[0036] In the preferred embodiment^ this calibration method can 
be applied each time the adaptive filter comes up with a new 
estimation of the a.i.r. For increased robustness of an acoustic 
echo canceller^ a programmable filter is sometimes used (as 
5 described in U.S . Patent 4,903,247). The adaptive filter runs in 
the background and the programmable filter, which takes its 
coefficients conditionally from the adaptive filter, is used for 
the actual echo removal. In this case^ it is best to take the 
coefficients of the programmable filter and apply the calibration 

10 procedure after each coefficient transfer. 

[0037] The loudspeaker 3 (Fig. 5) gets a loudspeaker input 
signal 5. Microphone 4 receives the sound that is being produced by 
the loud speaker 3 and transforms this into microphone output signal 
6. Digital values of signals 5 and 6 are being fed to estimator 7. 

15 The estimator 7 produces estimated values 9 that pass through to 

direct part removal part 8 embodied in software. From here^, digital 
values 10 are fed to digital band band -p ass filters 11. Signals 12 
from these band band -p ass filters are fed to a squaring and 
summation program 13 . 

20 [0038] The estimated actual power level (P) 14 is fed to a 

relating program 15 as is an (external) desired power level (Q) 20. 
From here_<_ the calibration gain factor 16 is fed to the averaging 
means 17. An adjusted calibration gain factor 18 is being fed back 
to the microphone output signal in order to form the calibrated 

25 signal 19. 
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[0039] Especially when combined with an adaptive filter for 
acoustic echo cancellation^ the proposed microphone calibration 
method can be applied all the time that the system is active. In 
Fig- 5j_ the calibration factor^ being the square root of the 
5 desired power level divided by the actual power levels is averaged 
to ensure that successive calibration gain factors will change 
smoothly. Such averaging can be done with a first -order recursion. 
This averaging procedure can also be applied to the actual power 14 
and the desired power 20 before the calculation of the square root 

10 of the desired power level divided by the actual power level. 
[0040] Below, the process of the embodiment of Fig. 5 is 
described. This preferred embodiment of the present invention 
requires^ as inputs not only the microphone response 6^ but also 
the excitation signal 5 of the loudspeaker (Fig. 2) . First, the 

15 a.i.r. is estimated from the loudspeaker to the microphone using a 
correlation method in the estimating means 7. Only the diffuse part 
of the a.i.r. is selected in the direct part removal means 8. The 
band band -p ass filter 11 is used for filtering out high and low 
frequencies. The filtered coefficients are squared and summed in 

20 the squaring and summation means 13, which leads to actual power 
level 14 representing the current power of the diffuse microphone 
response. This power level is related to a desired power level 20^_ 
and the gain factor is determined as the square root of the desired 
power level divided by the actual power level . 
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[0041] Fig. 6 shows the same configuration as Fig. 5 except for 
the averaging means 17 and relating program 15. This configuration 
is used in case of referential calibration for the reference 
microphone^ whereby the desired power level 20 is input for the 
5 relating means 15 of the other microphones calibration means using 
the reference microphone as their reference. 

[0042] Fig. 7 shows how the building blocks of Fig. 5 and 6 can 
be combined for referential calibration for use in^_ e.g.^ an audio 
conferencing system as in Fig. 1. 

10 [0043] Fig. 8 shows^ graphically^ how the averaging algorithm 
would work in calculating the power P of a diffuse pound sound - 
field response of a microphone. The scheme consists of a band band- 
pass filter followed by summation of the squared output values. At 
a sampling rate of 8 kHz^ good filter parameters^ leading to low- 

15 pass and high-pass cutoff frequencies (-3 dB) of about 200 Hz and 
3.6 kHz, respectively, are b=0.800, al=0.128, and a2=0.621. 
[0044] The present invention is not limited to the above 
preferred embodiments; the rights applied for are defined in the 
annexed claims . 

20 
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ABSTRACT^ OF THE DISCLOSURE 

A device for and method of calibrating a microphone, 
comprioing includes a loudspeaker (3) for converting a loudspeaker 
5 input signal (5) into sound; a microphone (4) for converting 
received sound into a microphone output signal (16) , and a 
calibration mcano arrangement for calibrating an output power of 
the microphone relative to a desired power level. The calibration 
mcano comprioc arrangement includes an impulse response estimating 
10 mcano device (7) for estimating an acoustic impulse response of the 
microphone by correlating the microphone output signal (6) and the 
loudspeaker input signal (5) when the microphone (4) receives the 
sound from the loudspeaker (3) , whereby the output power of the 
microphone (4) is estimated. 

15 

Fig. 1 
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